
United States Patent and Trademark Office 



UNITED STATES DEPARTMENT OF COMMERCE 
United States Patent and Trademark Office 
Addrrss: COMMISSIONER FOR PATENTS 
P.O. Box 1450 

Alexandria, Virginia 22313-1450 
www.uspto.gov 



APPLICATION NO. 


FILING DATE 


FIRST NAMED INVENTOR 


ATTORNEY DOCKET NO. | 


CONFIRMATION NO. 


10/682,591 


10/09/2003 


Joseph J. Kublcr 


14364US02 


9764 



23446 7590 09/14/2005 

MCANDREWS held & MALLOY, ltd 

500 WEST MADISON STREET 
SUITE 3400 
CHICAGO, IL 60661 



EXAMINER 



VINCENT, DAVID ROBERT 



ART UNIT 



PAPER NUMBER 



3628 

DATE MAILED: 09/14/2005 



Please find below and/or attached an Office communication concerning this application or proceeding. 



PTO 90C (Rev 10/03) 



r 

Office Action Summary 


Application No. 

10/682,591 


Applicant(s) 

KUBLER ET AL 


Examiner 

David R. Vincent 


Art Unit 

3628 





- The MAILING DATE of this communication appears on the cover sheet with the correspondence address - 
Period for Reply 



A SHORTENED STATUTORY PERIOD FOR REPLY IS SET TO EXPIRE 3 MONTH(S) OR THIRTY (30) DAYS, 
WHICHEVER IS LONGER, FROM THE MAILING DATE OF THIS COMMUNICATION. 

- Extensions of time may be available under the provisions of 37 CFR 1 .1 36(a). In no event, however, may a reply be timely filed 
after SIX (6) MONTHS from the mailing date of this communication. 

- If NO period for reply is specified above, the maximum statutory period will apply and will expire SIX (6) MONTHS from the mailing date of this communication. 

- Failure to reply within the set or extended period for reply will, by statute, cause the application to become ABANDONED (35 U.S.C. § 1 33). 
Any reply received by the Office later than three months after the mailing date of this communication, even if timely filed, may reduce any 
earned patent term adjustment. See 37 CFR 1.704(b). 

Status 

1 )K Responsive to communication(s) filed on 09 May 2005 . 
2a)D This action is FINAL. 2b)|EI This action is non-final. 

3) D Since this application is in condition for allowance except for formal matters, prosecution as to the merits is 

closed in accordance with the practice under Ex parte Quayle, 1935 CD. 11, 453 O.G. 213. 

Disposition of Claims 

4) ^ Claim(s) 22-60 is/are pending in the application. 

4a) Of the above claim(s) is/are withdrawn from consideration. 

5) D Claim(s) is/are allowed. 

6) [>3 Claim(s) 22-60 is/are rejected. 

7) D Claim(s) is/are objected to. 

8) D Claim(s) are subject to restriction and/or election requirement. 

Application Papers 

9) D The specification is objected to by the Examiner. 

10)D The drawing(s) filed on is/are: a)D accepted or b)D objected to by the Examiner. 

Applicant may not request that any objection to the drawing(s) be held in abeyance. See 37 CFR 1.85(a). 

Replacement drawing sheet(s) including the correction is required if the drawing(s) is objected to. See 37 CFR 1.121(d). 
1 1 )□ The oath or declaration is objected to by the Examiner. Note the attached Office Action or form PTO-152. 

Priority under 35 U.S.C. § 1 19 

12)D Acknowledgment is made of a claim for foreign priority under 35 U.S.C. § 1 19(a)-(d) or (f). 
a)D All b)Q Some * c)D None of: 

1 .□ Certified copies of the priority documents have been received. 

2.D Certified copies of the priority documents have been received in Application No. . 

3-D Copies of the certified copies of the priority documents have been received in this National Stage 
application from the International Bureau (PCT Rule 17.2(a)). 
* See the attached detailed Office action for a list of the certified copies not received. 



Attachment(s) 

1) S Notice of References Cited (PTO-892) 

2) □ Notice of Draftsperson's Patent Drawing Review (PTO-948) 

3) □ Information Disclosure Statement(s) (PTO-1449 or PTO/SB/08) 

Paper No(s)/Mail Date . 



4) O Interview Summary (PTO-413) 

Paper No(s)/Mail Date. . 

5) O Notice of Informal Patent Application (PTO-152) 

6) □ Other: . 



U.S. Patent and Trademark Office 
PTOL-326 (Rev. 7-05) 



Office Action Summary 



Part of Paper No./Mail Date 20050901 



Application/Control Number: 10/682,591 Page 2 

Art Unit: 3628 

Claim Rejections - 35 USC § 112 

1. The following is a quotation of the first paragraph of 35 
U.S.C. 112: 

The specification shall contain a written description of the invention, and 
of the manner and process of making and using it, in such full, clear, 
concise, and exact terms as to enable any person skilled in the art to 
which it pertains, or with which it is most nearly connected, to make and 
use the same and shall set forth the best mode contemplated by the inventor 
of carrying out his invention. 

2. Claims 52-54, 59-60 are rejected under 35 U.S.C. 112, first 
paragraph, as failing to comply with the written description 
requirement. The claim (s) contains subject matter which was not 
described in the specification in such a way as to reasonably 
convey to one skilled in the relevant art that the inventor(s), 
at the time the application was filed, had possession of the 
claimed invention. There is no wireless network or system 
disclosed in the specification nor the drawings. 

Claim Rejections - 35 USC §102 

3. The following is a quotation of the appropriate paragraphs 
of 35 U.S.C. 102 that form the basis for the rejections under 
this section made in this Office action: 

A- person shall be entitled to a patent unless - 

(b) the invention was patented or described in a printed publication in this or 
a foreign country or in public use or on sale in this country, more than one 
year prior to the date of application for patent in the United States. 

4. Claim 32 is rejected under 35 U.S.C. 102(b) as being 
anticipated by Suzuki (US 4,453,247). 
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Regarding claim 32, Suzuki discloses a method for 
processing voice for communication via a communication network 
having variable propagation delays (Figs. 1-6; col. 1, lines 36- 
43; col. 2, lines 9-17; col. 2, lines 43-64; col. 3, line 8-col. 

4, line 2; col. 4, lines 31-50; col. 5, lines 1-41; col. 6, 
lines 23-35; col. 7, lines 1-20); comprising: 

receiving digitized voice data packets; depacketizing the 
received digitized voice data packets (col. 5, lines 1-41; or 
Fig. 1); buffering the received digitized voice data for an 
adjustable buffer time to delay reproduction of the voice (col. 
1, lines 36-43; col. 2, lines 9-17; col. 3, line 8-29); 
detecting an error in the buffer time and adjusting the buffer 
time in response to a detected error (detecting that a change in 
transmission time and/or transmission variance has happened and 
needs to be corrected for, col. 1, lines 36-43; col. 2, lines 9- 
17; col. 2, lines 43-64; col . 3, line 8-col. 4, line 2; col. 4, 
lines 31-50; col. 5, lines 1-41; col. 6, lines 23-35; col. 7, 
lines 1-20) . 

Claim Rejections - 35 USC § 103 

5. The following is a quotation of 35 U.S.C. 103(a) which 
forms the basis for all obviousness rejections set forth in this 
Office action: 
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(a) A patent may not be obtained though the invention is not identically 
disclosed or described as set forth in section 102 of this title, if the 
differences between the subject matter sought to be patented and the prior 
art are such that the subject matter as a whole would have been obvious at 
the time the invention was made to a person having ordinary skill in the 
art to which said subject matter pertains. Patentability shall not be 
negatived by the manner in which the invention was made. 
6. Claims 22, 24-26, 28-29, 33-34, 36-41, 43-46, 48-50, and 

55-58 are rejected under 35 U.S.C. 103(a) as being unpatentable 

over Suzuki (US 4,453,247), as set forth above and in view of 

Bareris (US 4,317,195). 

Regarding claims 22, 33, 44, and 55 Suzuki discloses a 
method for processing voice for communication via a 
communication network having variable propagation delays (e.g., 
col. 1, lines 36-58) comprising: 

receiving digitized voice data packets, depacketizing the 
received digitized voice data packets, buffering the received 
digitized voice data for an adjustable buffer time to delay 
reproduction of the voice (col. 5, lines 19-25); determining a 
transmission delay (col. 3, lines 26-29; col. 5, lines 37-41), 
and adjusting the buffer time in accordance with the determined 
transmission delay (Figs. 1-6; abstract; col. 1, lines 36-43; 
col. 2, lines 9-17; col. 2, lines 43-64; col. 3, line 8-col. 4, 
line 2; col. 4, lines 31-50; col. 5, lines 1-41; col. 6, lines 
23-35; col. 7, lines 1-20). 

Regarding claim 24, 36, and 48 Suzuki discloses the 
transmission delay being determined from a received packet 
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(determined by simply detecting packet and the amount of delay 
it experienced, e.g., col. 3, lines 8-29). 

Regarding claims 25, 37, and 49 Suzuki discloses the buffer 
time being a calculated delay (using variance computing circuit, 
13; and counter, 12; col. 3, lines 8-29; lines 51-59; or col. 3, 
line 62-col. 4, line 2). 

Regarding claims 26, 38, and 50, Suzuki fails to 
particularly call for the buffer time being adjusted based on a 
transmission time of a "test packet" . However, the term test 
packet was not further defined and Suzuki does disclose using 
talk spurt packets in determining the transmission delays (e.g., 
col. 3, lines 8-29; col. 5, lines 33-41). Therefore, it would 
have been obvious to one of ordinary skill in the art that 
testing a network or transmission line can be performed by 
transmitting a voice packet or series of voice packets. 

Furthermore, Barberis teaches using initial packets from a 
talk spurt that are labeled (col. 2, lines 9-29). 

Therefore it would have been obvious to one of ordinary 
skill in the art that a first or initial packet can be used as a 
test packet for the purposes of determining the transmission or 
propagation delay. 

Regarding claims 28, 39, and 45 Suzuki discloses a method 
wherein the buffer time is adjusted once (or more) per a call 
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(the times can be adjusted once per call if that is all that is 
needed and more then once per call when there is more variance, 
delays more often, Suzuki: col. 2, lines 9-17). 

Regarding claims 29, 40, and 46 -Suzuki discloses a method 
wherein the buffer time is adjustable more than once per a call 
(Suzuki: col. 2, lines 9-17; col. 4, lines 31-3). 

Regarding claim 33, although Suzuki discloses a method for 
processing voice for communication via a communication network 
having variable propagation delays comprising: 

receiving digitized voice data packets; buffering received 
digitized voice data for an adjustable buffer time to delay the 
reproduction of the voice data of the first received voice 
packet of a group (Suzuki: talk spurt, col. 2, lines 9-17, and 
silence lines 43-63) for at least the buffer time; and adjusting 
the buffer time (see above rejection of claims 22 or 44 or see 
Suzuki: cols. 1-7). 

Suzuki fails to particularly call for each voice data 
packet having a group identifier, as specified in claim 33. 

Barberis teaches for each voice data packet having a group 
identifier (coded headings, col. 1, lines 25; detecting talk 
spurts and using sequence labels or IDs, col. 1, lines 26-37; 
col. 3, lines 30-55) . 
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It would have been obvious to use group identifiers for 
each voice data packet because Suzuki discloses a speech packet 
switching network (e.g., abstract) and it is notoriously well 
known for packets to use sequence numbers so that packets of the 
same sequence or in this case, talkspurt, do not have to take 
the same path and can arrive at the destination out of order. 
The group IDs can assist the receiver to reassemble the packets 
at destination and determine if the last packet of the sequence 
has been sent. This method can also allow for least cost 
routing to be used on each packet instead of having all the 
packet traverse the same path. 

Regarding claim 34, and 57 Suzuki discloses determining a 
propagation delay and adjusting the buffer time in accordance 
with the propagation delay to prevent gaps in the voice 
reproduced from voice data packets associated with the same 
group (e.g., col. 1, lines 31-57; col. 3, lines 8-29; col. 4, 
lines 31-51) . 

Regarding claim 36 Suzuki discloses a method as recited in 
claim 34 wherein the propagation delay is determined from a 
received packet (e.g., col. 3, lines 8-29; col. 5, lines 33-41). 

Regarding claim 3 7 Suzuki discloses a method as recited in 
claim 34 wherein the buffer time is a calculated delay (e.g., 
col. 3, lines 10-29) . 
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Regarding claim 43 Suzuki discloses a method as recited in 
claim 33 including detecting an error in the buffer time and 
adjusting the buffer time in response to a detected error (if 
there are no gaps nor variance, then it can be said that there 
is no error, however, when variance is detected, that is an 
error in a device, node, router/ switch along the path that lead 
to not getting the packets of the talk spurt sent out on time, 
and mitigating the affects of variance, what amounts to traffic 
shaping, reads on detecting errors i.e., excessive gaps between 
the packets, and compensating for them, col. 2, lines 10-17). 

Regarding claim 44, Suzuki discloses a method for 
processing voice for communication via a communication network 
having variable transmission times between a source and a 
destination comprising: 

receiving digitized voice data packets, buffering the 
received digitized voice data for an adjustable buffer time to 
delay reproduction of the voice; determining variations in 
propagation times between the source and destination; and 
adjusting the buffer time in response to variations in 
propagation times(Figs. 1-6; abstract; col. 1, lines 36-43; col. 
2, lines 9-17; col. 2, lines 43-64; col. 3, line 8-col. 4, line 
2; col. 4, lines 31-50; col. 5, lines 1-41; col. 6, lines 23-35; 
col . 7, lines 1-20) . 
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Regarding claim 45, Suzuki discloses a method as recited in 
claim 44 wherein the buffer time is adjusted once per a call if 
necessary when variations in propagation times between the 
source and the destination are slow (the times can be adjusted 
once per call if that is all that is needed and more then once 
per call when there is more variance, delays more often, Suzuki: 
col. 1. lines 31-57; col. 2, lines 9-17). 

Claim 55. A system for processing voice for transmission 
over a network having variable propagation delays comprising: 
conversion circuitry for converting an analog voice stream to 
digital voice data and for converting digital voice data to an 
analog voice stream for the reproduction of voice; 
a processing circuit for managing the packetization of the 
digital voice data to provide digital voice data packets and for 
managing the depacketization of digital voice data packets; and 
a buffer for buffering digital voice data, the processing 
circuit directing delivery of the buffered digital voice data to 
the conversion circuitry after a delay that is adjustable by the 
processing circuit to accommodate variations in packet 
propagation delays over the network. 

Regarding claim 56, Suzuki discloses a system as recited in 
claim 55 wherein the conversion circuitry compresses and 
decompresses the digital voice data (col. 2, lines 45-63). 
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Claim 58. A system as recited in claim 55 wherein the 
processing circuit packetizes the digital voice data according 
to an internet protocol (Suzuki discloses a packet switching 
network, Abstract; col. 5, lines 38-41). 

However, although Suzuki fails to use the term internet 
(with a small w i") protocol, it would have been obvious that the 
packets that are being switched in Suzuki must have headers so 
that the switches or forwarding devices can understand how to 
route the packets (where to send them) . 

Although Suzuki discloses transmission delay, Suzuki fails 
to particularly call for propagation delay, as specified in 
claims 22, (claims 22, 24-26, 28-29 depend on 22); 33 (claims 
34, 36-41, 43 depend from 33); 44 (claims 45-46, 48-50 depend on 
44); and 55 (claims 56-57 depend on 55). 

Barberis teaches using propagation delays (col. 3, lines 
56-67) . 

Rather than argue propagation delay can be read as merely 
reading on the time it takes a packet to propagate through a 
buffer or node the examiner read T pr0 p as implying the amount of 
time it can take data to propagate through a network, 
transmission medium or series of nodes. Therefore it would have 
been obvious to use propagation delays because in some cases, 
using only transmission delays can imply delays in getting a 
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packet out of a sending buffer and may not include the time it 
takes to propagate along the various transmission mediums. 
Taking the mediums into account can be a more complete and/or 
accurate measure or the delays packets encounter in being sent 
or received. Besides Suzuki already discloses some sort of 
propagation delay by disclosing transmission delays and delay 
variances, and Suzuki hints at the delay times being propagation 
times (change of traffic in the network, col. 5, lines 38-41). 

Claim Rejections - 35 USC § 103 

7. Claims 23, 35, 47 are rejected under 35 U.S.C. 103(a) as 
being unpatentable over Suzuki in view of Adams (US 5,142,532). 

Regarding claims 23, 35, and 47,. A method as recited in 
claim 22 wherein the buffer time is adjusted based on a round 
trip propagation time. 

Although Suzuki discloses using transmission times, Suzuki 
fails to particularly call for buffer times being adjusted based 
on a round trip propagation time. 

Adams teaches buffer time is adjusted based on a round trip 
propagation time (e.g., col. 1, lines 31-46; col. 5, lines 11- 
30) . 

It would have been obvious to use round trip times because 
of averaging and constant monitoring the path(s) in both 
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directions. It is possible for a node such as a router to 
become overloaded at any time and merely looking at one 
direction may not detect all possible node failures. 

Claim Rejections - 35 USC § 103 
8. Claims 27, and 51 are rejected under 35 U.S.C. 103(a) as 
being unpatentable over the combination of Suzuki and Barberis 
as set forth above, and further in view of Ahmed (US 5,025,457) . 

The combination of Suzuki and Barberis fails to 
particularly call for a method as recited in claim 22 wherein 
the buffering occurs after depacketization . 

Ahmed teaches measuring transmission delays and variances 
between packets and mitigating affects of jitter (col. 2, lines 
21-56) and buffering occurs after depacketization (col. 5, lines 
31-41) . 

It would have been obvious to store the packets after 
depacketizing because packets are combined in many different 
forms when being sent over the physical layer/medium, and when 
receiving packets with headers/labels requires reading said 
headers/labels storing the real data, sometimes referred to as 
payload, or protocol data unit/PDU, processing the payload and 
in intermediate nodes in the network, creating a new header and 
check sum/CRC code and appending it to the payload/PDU before 
transmitting the newly created packet. By storing the packet 
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after stripping the header the system of the combination of 
Suzuki and Barberis can read/process the header, determine if 
there are any errors, e.g., lost/corrupt bits in the packet, and 
determine where the packet it destined to go, and in a sense 
perform parallel processing of both the header and the payload 
at the same time. 

Claim Rejections - 35 USC § 103 

9. Claims 30-31, and 42 are rejected under 35 U.S.C. 103(a) as 
being unpatentable over the combination of Suzuki and Barberis 
as set forth above, and further in view of the IBM Technical 
disclosure Bulletin of April 1994 (# 0018-8689-37-4A-601) . 

The combination of Suzuki and Barberis fails to 
particularly call for the propagation delay being determined 
during a call set up, as specified in claims 30, and 42; and a 
method as recited in claim 22 wherein the propagation delay is 
determined prior to the receipt of the digitized voice packets, 
as specified in claim 31. 

IBM teaches using an Internet protocol wherein the 
propagation delay is determined during a call set up, and prior 
to the receipt of the digitized voice packets (as one of 
ordinary skill would know, using TCP, there is three way 
handshake using what are known as SYN packets, and the IBM 
article teaches setting the size of the buffer and TCP window 
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size "at the time of the connection establishment", see whole 
article and especially, paragraph labeled UPDATING WINDOW) . 

It would have been obvious to establish the propagation 
delay during call set up because there can be extreme delays in 
a network during certain periods of time such as during 
disasters, or on Mother's Day (which can be the busiest 
PSTN/Internet traffic day of the year) . A user may determine 
that the propagation delays are too excessive (voice is delay 
sensitive) to place a packet based call and may opt for a 
circuit switched call instead. 

Claim Rejections - 35 USC § 103 

Claims 52-54, and 59-60 are rejected under 35 U.S.C. 103(a) 
as being unpatentable over the combination of Suzuki and 
Barberis as set forth above, and further in view of Huang (US 
5,434,856 of record). 

A method for processing voice for a device capable of using 
a protocol communications over a network comprising: 

receiving a voice stream; digitizing the voice stream to 
provide digital voice data; compressing (Suzuki: col. 2, lines 
43-63) the digital voice data; packetizing the digital voice 
data according to an network protocol for communication over the 
network, transmitting via communication the digital voice data 
packets; receiving digital voice data packets communicated over 
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the network; converting the received digital voice data packets 
to a voice stream; and buffering, for a buffer time, the 
received digital voice data before converting the digital voice 
data to a voice stream, the buffer time being adjustable to 
accommodate variations in propagation times over the network 
(see above rejections of e.g., claims 22, 32, 44). 

Although Suzuki discloses transmission delay, Suzuki fails 
to particularly call for propagation delay, as specified in 
claims 52, and 60. 

Barberis teaches using propagation delays (col. 3, lines 
56-67) . 

Rather than argue propagation delay can be read as merely 
reading on the time it takes a packet to propagate through a 
buffer or node the examiner read T prop as implying the amount of 
time it can take data to propagate through a network, 
transmission medium or series of nodes. Therefore it would have 
been obvious to use propagation delays because in some cases, 
using only transmission delays can imply delays in getting a 
packet out of a sending buffer and may not include the time it 
takes to propagate along the various transmission mediums. 
Taking the mediums into account can be a more complete and/or 
accurate measure or the delays packets encounter in being sent 
or received. Besides Suzuki already discloses some sort of 
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propagation delay by disclosing transmission delays and delay 
variances, and Suzuki hints at the delay times being propagation 
times (change of traffic in the network, col. 5, lines 38-41). 

Claim 53. A method as recited in claim 52 wherein the 
packetizing includes adding a group identifier to each digital 
voice data packet. 

Suzuki fails to particularly call for each voice data 
packet having a group identifier. 

Barberis teaches for each voice data packet having a group 
identifier (coded headings, col. 1, lines 25; detecting talk 
spurts and using sequence labels or IDs, col. 1, lines 26-37; 
col . 3 , lines 30-55) . 

It would have been obvious to use group identifiers for 
each voice data packet because Suzuki discloses a speech packet 
switching network (e.g., abstract) and it is notoriously well 
known for packets to use sequence numbers so that packets of the 
same sequence or in this case, talk spurt, do not have to take 
the same path and can arrive at the destination out of order. 
The group IDs can assist the receiver to reassemble the packets 
at destination and determine if the last packet of the sequence 
has been sent. This method can also allow for least cost 
routing to be used on each packet instead of having all the 
packet traverse the same path. 
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Claim 54. A method as recited in claim 53 includes 
monitoring of voice for a lack of voice (silence or gaps) for a 
minimum period of time (Suzuki: monitoring talk spurts, col. 2, 
lines 9-17; detecting silence, col. 2, lines 51-63); and adding 
a different group identifier to a voice stream with voice that 
is subsequent to the lack of voice for the minimum period of 
time (labeling a second talk spurt or sequence, see rejection of 
claim 53) . 

Claim 59. A system as recited in claim 55 wherein the 
system includes a transmitter and receiver for wireless 
communication of digital voice packets (see Huang: Figs. 1-3 and 
at least col . 2) . 

Claim 60. A system for processing voice for transmission 
over a network having variable propagation delays comprising: 
a transmitter and receiver for wireless communication; 
conversion circuitry for converting an analog voice stream to 
digital voice data and for converting digital voice data to an 
analog voice stream for the reproduction of voice; a processing 
circuit for managing the packetization of the digital voice data 
to provide digital voice data packets and for managing the 
depacketization of digital voice data packets, the processing 
circuit packetizing the digital voice data according to an 
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internet protocol; and a buffer for buffering digital voice 
data, the processing circuit directing delivery of the 
buffered digital voice data to the conversion circuitry after a 
delay that is adjustable by the processing circuit to 
accommodate variations in packet propagation delays over the 
network . 

The combination of Suzuki and Barberis fails to 
particularly call for a method for processing voice for a device 
capable of using a wireless internet protocol, as specified in 
claim 52; and wireless communication of digital voice packets, 
as specified in claim 59-60. 

Huang teaches a method for processing voice (Figs. 1-3; 
routers 208, Fig. 2;), compressing voice (col. 1, lines 29-45), 
buffering voice packets (col. 1, lines 58-67; col. 3, lines 17- 
42) for a device capable of using a wireless internet protocol 
(Fig. l; col. 2, lines 14-67), as specified in claim 52; and 
wireless communication of digital voice packets (Figs. 1-3; 
e.g., col. 2, lines 1-67), as specified in claim 59-60. 

It would have been obvious to use a wireless internet 
protocol because the combination of Suzuki and Barberis 
discloses packet switching voice data as well as using 
telephones. Making the voice packet network wireless allows for 
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more mobility and can allow for people without phone lines to 
send voice data from wireless phone. By using voice packets, 
the data can be more easily sent over the Internet, or Frame 
Relay (Huang: Fig. 1), GSM, GPRS, TDMA, or CDMA networks. 

Any inquiry concerning this communication or earlier 
communications from the examiner should be directed to David R. 
Vincent whose telephone number is 571 272 3080. The examiner 
can normally be reached on M-TH. 

If attempts to reach the examiner by telephone are 
unsuccessful, the examiner's supervisor, Sam Sough can be 
reached on 571 272 6799. The fax phone number for the 
organization where this application or proceeding is assigned is 
571-273-8300. 

Information regarding the status of an application may be 
obtained from the Patent Application Information Retrieval 
(PAIR) system. Status information for published applications 
may be obtained from either Private PAIR or Public PAIR. Status 
information for unpublished applications is available through 
Private PAIR only. For more information about the PAIR system, 
see http://pair-direct.uspto.gov. Should you have questions on 
access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free) . 
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